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(54) An SIP-H.323 gateway implementation to integrate SIP agents into a H.323 system 



(57) An SIP-H.323 gateway (21 0) is provided, which 
functions as a multi-alias H.323 endpoint (204) with one 
alias representing one SIP agent (206). The SIP-H.323 
gateway (21 0) processes the call signaling conversions 



and stores and passes media port information to the sig- 
naling parties, so that the existence of SIP agents (206) 
is transparent to the H .323 endpoints (204) and the fea- 
tures are transparently available to the H .323 endpoints. 
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Description 

[0001 ] The present invention relates to telecommuni- 
cations systems and, particularly, to a system and meth- 
od for integrating Session Initiation Protocol (SIP) 
agents into an H.323 system. 

[0002] The International Telecommunications Union 
(ITU) Recommendation H.323 describes a set of devic- 
es and protocols for multimedia communication over 
packet-switched networks. The four main components 
defined by the specification are clients (also referred to 
as terminalsorendpoints), multipoint control units, gate- 
ways (also referred to as an endpoint) and gatekeepers. 
[0003] A diagram illustrating an exemplary H.323 tel- 
ecommunications system 100 is shown in FIG. 1. The 
telecommunications system 100 includes a local area 
network (LAN) or packet network 101. Coupled to the 
LAN 101 may be a variety of H.323 terminals 102a, 
102b, a multi-point control unit (MCU) 104, an H.323 
gateway 106, an H.323 gatekeeper 108, a LAN server 
112 and a plurality of other devices such as personal 
computers (not shown). The H.323 terminals 102a, 
102b support H.245 control signaling for negotiation of 
media channel usage, Q.931 (H.225.0) for call signaling 
and call setup, H.225.0 Registration, Admission, and 
Status (RAS), and RTP/RTCP for sequencing audio and 
video packets. 

[0004] The gatekeeper 108 is responsible for band- 
width management and address resolution. Each end- 
point has a unique user ID or alias to represent an H. 
323 user. Each endpoint can have multiple aliases to 
represent multiple users. Each alias, before it can make 
or receive calls, must register with the gatekeeper 1 08. 
When an alias makes a call to another alias, the gate- 
keeper 108 verifies whether the called party is a valid 
alias and whether network bandwidth is available. If so, 
the gatekeeper 108 accepts the call request. 
[0005] Typically, H.225.0 call signaling and H.245 call 
control signaling are routed through the gatekeeper 1 08, 
while the media channels (i.e., audio, data and/or video) 
are routed directly between the endpoints. For example, 
to place a call between two clients, the calling client 
sends a message to the gatekeeper 1 08, which resolves 
the address of the receiving party and sends the appro- 
priate signaling messages to the caller and receiver. 
Once the signaling and control channels have been es- 
tablished, the endpoints establish the media channels. 
The media channel passes directly between the end- 
points. The H.225.0 signaling channel and H.245 call 
control channel are also used to terminate the call. 
[0006] While the H.323 Recommendation is a widely 
accepted standard for IP telephony, it is a very sophis- 
ticated protocol and it is relatively difficult to implement 
a simple IP telephone based on H.323. The Session In- 
itiation Protocol (SIP) is an emerging application layer 
signaling protocol that is relatively easy to implement. 
Thus, it is desirable to integrate SIP protocol devices 
into an existing H.323 based system for simple IP phone 



implementation. 

[0007] The invention is defined in the independent 
claims, to which reference should now be made. Further 
advantageous features are detailed in the dependent 
s claims. 

[0008] According to embodiments of the invention, an 
SIP-H.323 gateway is provided, which functions as a 
multi-alias H.323 endpoint with one alias representing 
one SIP agent. The SIP-H.323 gateway may process 

10 the call signaling conversions and store and pass media 
port information to the signaling parties, so that the ex- 
istence of SIP agents is transparent to the H.323 end- 
points and the features are transparently available to the 
H.323 endpoints. 

is [0009] According to one preferred embodiment there 
is provided a telecommunications system, comprising: 
at least one H.323 client terminal; at least one Session 
Initiation Protocol (SIP) agent; and a gateway including 
a SIP agent alias table for storing H.323 aliases for said 

20 at least one SIP agent, wherein said gateway is adapted 
to perform signaling conversion between said at least 
one H.323 client endpoint and said at least one SIP 
agent. 

[0010] A SIP-H.323 gateway according to embodi- 
es ments of the present invention may include a SIP pro- 
tocol process engine, an H.323 stack, and also maintain 
a SIP alias table which has an alias for each SIP agent. 
In operation, the H.323 stack may be initialized to in- 
clude all the possible SIP agents as aliases and store 
30 the SI P agent information in the SIP alias table. The SI P- 
H.323 gateway may perform signaling conversion for 
any SIP agent whose information is stored in the table. 
[0011] A better understanding of the invention is ob- 
tained when the following detailed description of embod- 
35 iments thereof is considered in conjunction with the fol- 
lowing drawings, in which: 

FIG. 1 is a diagram of a prior art H.323 system; 
FIG. 2 is a diagram of a SIP-H.323 system accord- 

40 ing to an implementation of the present invention; 

FIG. 3 is a diagram of an SIP-H.323 gateway ac- 
cording to an implementation of the invention; 
FIG. 4 is a diagram illustrating signal flow for gate- 
way alias registration according to an implementa- 

45 . tion of the invention; 

FIG. 5 is a diagram illustrating signal flow for SIP 
agent registration according to an implementation 
of the invention; 

FIG. 6 is a diagram of signal flow for a SIP agent 
so call to an H.323 endpoint according to an implemen- 
tation of the invention; 

FIG. 7 is a diagram of signal flow for an H.323 end- 
point call to a SIP agent according to an implemen- 
tation of the invention; 
55 FIG. 8 is a diagram of signal flow for a SIP agent 
call to a SIP agent according to an implementation 
of the invention; 

FIG. 9 is a diagram of signal flow for a call transfer 
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from one H.323 endpoint to another H.323 endpoint 
according to an implementation of the invention; 
and 

FIG. 1 0 is a diagram of signal flow for a call transfer 
from one H.323 endpoint to another SIP agent ac- 
cording to an implementation of the invention. 

[001 2] An exemplary system implementing combined 
SIP and H.323 functionality according to the present in- 
vention is shown in FIG. 2. As shown, the system in- 
cludes a packet network 202, a gatekeeper 208, one or 
more H.323 client terminals 204a-204n, one or more 
SIP clients 206a-206n, and a SIP-H.323 gateway 210 
according to the present invention. 
[0013] The gatekeeper 208 implements an H.323 
stack 209. The H.323 endpoints 204a-204n implement 
H.323 stacks 205a-205n as well as RTP/RTCP 207a- 
207n engines. The SIP agents 206a-206n implement 
SIP engines 209a-209n and RTP/RTCP 21 1a-211n en- 
gines. In a specific embodiment, each SIP engine 209 
is identified by a SIP address 206a-206n of the form 
SIPx@hostx:port where x identifies the specific host. 
[0014] The SIP-H.323 gateway 210 includes both a 
SIP protocol engine 213 and an H.323 stack 215. As 
shown in FIG. 3, the SIP-H.323 gateway 210 maintains 
an alias table 301 which has an entry foreach SIP agent. 
In operation, the SIP-H.323 gateway 21 0 is first config- 
ured to include all the SIP agents it represents. That is, 
the H.323 stack 215 is initialized to include all the pos- 
sible SIP agents as its aliases and registers the aliases 
with the gatekeeper 208 (FIG. 2). After the SIP agent 
registers with the gateway 21 0, the information from the 
SIP agent is stored in the alias table 301 . Thereafter, if 
a SIP agent that doesn't have an entry in the alias table 
301 tries to register with the gateway 21 0, the registra- 
tion will be rejected. If a SIP agent with an entry in the 
alias table 301 doesn't register with the gateway 210, it 
will not be able to receive calls because the gateway 
210 will not know where the SIP agent is located. 
[0015] When an H.323 endpoint 204a-204n calls a 
SIP agent 206a-206n by its alias, the gatekeeper 208 
sends the call signaling to the SIP-H.323 gateway 210 
since the SIP agent's alias is registered from the gate- 
way 210. Thus, the gateway 210 makes a SIP call on 
behalf of the calling party to the SIP agent until both call 
legs are connected. 

[0016] Because the gateway 210 is configured as a 
proxy server for the SIP agents 206a-206n, whenever 
a SIP agent 206a-206n makes a call by sending the SIP 
method INVITE message, the message will be sent to 
the gateway 21 0 first. If a SIP agent 206a-206n makes 
a call to an H.323 endpoint 204a-204n, the gateway 21 0 
makes an H.323 call on behalf of the SIP agent to the 
H.323 endpoint 204a-204n until the two call legs are 
connected. If a SIP agent 206a-206n makes a call to 
another SIP agent 206a-206n, the gateway 21 0 makes 
a SIP call on behalf of the calling SIP agent 206a-206n 
to the called SIP agent 206a-206n until the two legs are 



connected. At the same time, the gateway 210 makes 
an H.323 call from the calling SIP agent alias to the 
called SIP agent alias, so that the gatekeeper 208 can 
maintain H.323 functionality transparently. 
5 [0017] As noted above : each SIP agent 206a-206n 
has its corresponding alias configured in the gateway 
21 0, so the total number of endpoints known to the gate- 
keeper 208 will be all the H.323 endpoints 204a-204n 
plus all the SIP agents 206a-206n. When an H.323 end- 
to point 204a-204n calls a SIP agent 206a-206n, a SIP 
agent 206a-206n calls an H.323 endpoint 204a-204n, 
or a SIP agent 206a-206n calls another SIP agent 206a- 
206n, the call signaling is handled and converted by the 
gateway. The RTP/RTCP port information, which iscon- 
15 tained in the call signaling, of both sides is stored and 
passed by the gateway 210 to each side, so both sides 
can make the RTP/RTCP connections directly for media 
channels. 

[0018] If, during a call connection between a SIP 

20 agent 206a-206n and an H.323 endpoint 204a-204n, 
the H.323 endpoint initiates a call transfer to another H. 
323 endpoint, the H.323 stack 215 of the gateway 210 
disconnects the call to the transferring H.323 endpoint 
and make another call to the transferred-to H.323 end- 

25 point. The SIP agent's RTP/RTCP port information is 
used by the gateway 21 0 to open a logical channel with 
the transferred-to H.323 endpoint. After the gateway 
210 receives the RTP/RTCP port information of the 
transferred-to H.323 endpoint, the gateway 21 0 informs 

30 the SIP agent of this change for the existing session. 
The SIP agent then transfers the media channel to this 
new H.323 endpoint. A similar procedure occurs if the 
transfer is to another SIP agent. 
[0019] Call signaling for system operation is de- 

35 scribed in greater detail with reference to FIGS. 4-1 0 be- 
low. 

[0020] As noted above, the gateway 21 0 is configured 
to include all the SIP agents it represents by assigning 
one H.323 alias to each SIP agent. Thus, when the gate- 

40 way 210 registers to the gatekeeper 208, all the SIP 
agent aliases will be registered to the gatekeeper 208. 
Thus, as shown in FIG. 4, the gateway 21 0 sends a reg- 
istration request RRQ 300 to the gatekeeper. The reg- 
istration request RRQ 300 includes all the SIP agent ali- 

45 ases. The gatekeeper 208 then responds with a regis- 
tration acknowledge signal RCF 302. 
[0021] Because the gateway 21 0 also performs as a 
SI P proxy serverfor all the SIP agents 206a-206n, a SIP 
agent 206a-206n has to register to the gateway 210 be- 

50 fore it can make and receive calls. The gateway 210 
keeps the information of the registered SIP agent in the 
SIP alias table 301 . When the gateway 210 receives a 
call from an H.323 endpoint or a SIP agent, the gateway 
finds the location of the called SIP agent and makes a 

55 SIP call to that agent. Thus, as shown in FIG. 5, the SIP 
agent 206 registers by way of the REGISTER signal 
304. The REGISTER signal 304 includes the SIP agent 
address. The gateway 210 responds with an acknowl- 
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edge signal, OK 306. 

[0022] FIG. 6 illustrates call signaling when a SIP 
agent calls an H.323 endpoint As shown, a SIP agent 
206 initiates a SIP call by sending the SIP method IN- 
VITE message 308 with the RTP/RTCP port information 
(P_R_S) to the gateway 210. Upon receiving this mes- 
sage, the gateway 21 0 first checks the destination to see 
if the destination is one of the SIP agent aliases it rep- 
resents. If not, it starts its H.323 call to the destination 
(routed by the gatekeeper) by sending the H.323 setup 
message 310. The H.323 endpoint 204 responds with 
the H.245 alerting and connect messages 312, 314, in 
between which the gateway 210 causes ringing 313 at 
the SIP agent. 

[0023] Next, the gateway 21 0 is notified with the RTP/ 
RTCP port information (P_R_H) of the H.323 endpoint 
204 via the OpenLogChan(P_R_H) signal 316. In turn, 
the gateway 21 0 sends the Response OK message 31 8 
with the RTP/RTCP port information (P_R_H) to the SIP 
agent 206 and also sends the SIP agent RTP/RTCP port 
information to the H .323 endpoint via the OpenLogChan 
(P_R_S) signal 320. The SIP agent 206 and the H.323 
endpoint 204 can then talk directly by sending media 
streams 322, 324 to the RTP ports of the other side. 
[0024] FIG. 7 illustrates the signaling for a call from 
an H.323 endpoint to a SIP agent. As shown, when an 
H.323 endpoint 204 wants to make a call to a SIP agent 
206, the call setup message SETUP 326 will be routed 
by the gatekeeper to the gateway 210, because the 
gateway 210 represents the SIP agent alias. If the SIP 
agent 206 has already registered to the gateway 210, 
the gateway 21 0 will try to complete the call connection 
first, through which the RTP/RTCP port information 
(P_R_H) on the H.323 endpoint side will be available to 
the gateway. That is, the gateway 210 responds to the 
SETUP message 326 with H.245 alerting and connect 
messages 328, 330, after which the H.323 endpoint pro- 
vides the RTP/RTCP port information, in the Open- 
LogChan(P_R_H) signal 332. With this information, the 
gateway 21 0 initiates a SIP call to the SIP agent 206 by 
sending the SIP method INVITE message 334 with the 
H.323 endpoint's RTP/RTCP port information (P_R_H). 
The SIP agent 206 sends ringing 336 and answers the 
call by sending the Response OK message 338 with its 
RTP/RTCP port information (P_R_S) to the gateway 
21 0. The gateway 210 opens the outgoing logic channel 
to the H323 endpoint with the SIP agent's RTP/RTCP 
port information P_R_S (via Openl_ogChan(P_R_S) 
340). The H.323 endpoint 204 and the SIP agent 206 
then talk directly by sending media streams 342, 344 to 
the RTP ports of the other side. 

[0025] FIG. 8 illustrates the signaling for a call be- 
tween two SIP agents. As shown, a SIP agent 206a in- 
itiates a SIP call by sending the SIP Method INVITE 
message 346 with the RTP/RTCP port information 
(P_R_S1 ) to the gateway 21 0. Upon receiving this mes- 
sage, the gateway 21 0 will check to see if the destination 
is one of the SIP agent aliases it represents. If so, and 



8 

the SIP agent 206b has already registered to the gate- 
way 210, the gateway 210 makes another SIP call IN- 
VITE (P_R_S1) 348 to the destination and passes the 
RTP/RTCP port information (P_R_S1)of the calling SIP 
5 agent. 

[0026] The called SIP agent 206b sends ringing 350 
and answers the call with the OK (P_R_S2) signal 354, 
which includes its RTP/RTCP port information. The 
gateway 210 passes the ringing 352 and the OK 
10 (P_R_S2) signal with the RTP/RTCP port information 
(P_R_S2) of the called SIP agent 206b back to the call- 
ing SIP agent 206a with the OK signal 356. 
[0027] The two SIP agents 206a, 206b talk directly by 
sending the media streams 362, 364 to the RTP ports 
15 of the other side. Concurrently, the gateway 21 0 makes 
an H.323 call (i.e., the SETUP 358 and CONNECT 360 
messages) from the calling SIP agent alias to the called 
SIP agent alias. In this way, the gatekeeper 208 main- 
tains all the call activities in its domain. 
20 [0028] FIG. 9 illustrates call signaling for transfer of a 
call with a SIP agent 206 from one H.323 endpoint 204a 
to another H.323 endpoint 204b. Initially, the gateway 
210 and the H.323 endpoint 204a maintain a signaling 
connection 366, while the SIP agent 206 and the H.323 
25 endpoint 204a send media streams 368, 370 directly to 
each other's RTP/RTCP ports P_R_S, P_R_H1 , respec- 
tively. As shown, the H.323 endpoint 204a initiates a call 
transferto the H.323 endpoint 204b via the Transfer (H. 
323_2) signal 372, which identifies the transfer-to end- 
30 point. Because H.323 call signaling is connected be- 
tween the H.323 endpoint 204a and the gateway 210, 
the gateway 21 0 will disconnect the existing call via the 
DISCONNECT signal 374 and make a new call to the 
H.323 endpoint 204b, using the SETUP command 376. 
35 The H.323 endpoint 204b responds with the H.245 con- 
nect signal 378 and OpenLogChan (P_RJH2) 380 to 
open the logical channel. At this time, the gateway 210 
receives the RTP/RTCP port information from the H.323 
endpoint 204b, which is stored locally for the originally 
40 connected SIP agent. After the gateway 210 receives 
the RTP/RTCP port information for the new H.323 end- 
point 204b, the gateway 210 changes the existing ses- 
sion with the SIP agent 206 by sending another SIP 
method INVITE message 382 with the new media infor- 
ms mation. Further, the gateway 210 provides the SIP 
agent's RTP/RTCP port information to the H.323 end- 
point 204b using the OpenLogChan(P_R_S) signal 384. 
Thereafter, the SIP agent 206 and the H.323 endpoint 
204b can send media streams 386, 388 directly to the 
so rtp ports of the other side. 

[0029] FIG. 10 illustrates signaling for a call transfer 
from one H.323 endpoint to another SIP agent. As 
shown, the H.323 endpoint 204 is connected via a log- 
ical channel 390 to the gateway 210, with media chan- 
55 nels 392, 394 directly to SIP agent 204a. The H.323 end- 
point 204 initiates a call transfer to another SIP agent 
206b using the TRANSFER signal 396. Because H.323 
call signaling is connected between the H.323 endpoint 
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204 and the gateway 210, the gateway stack discon- 
nects the existing call using the disconnect signal 398. 
The gateway 210 will then make a new call to the alias 
SIP2 using the H.323 call SETUP and CONNECT sig- 
nals 400, 402. The gateway 21 0 will make another SIP 
call to the new SIP agent 206b using the SIP INVITE 
command 404. The RTP/RTCP port information of the 
originally connected SIP agent 206a is provided to the 
SIP agent 206b at this time. The SIP agent 206b sends 
ringing 406. After the call is answered by the SIP agent 
206b, the SIP agent 206b provides its RTP/RTCP port 
information via the OK(P_R_S2) command 408. The 
gateway 210 changes the existing session with the SIP 
agent 206a by sending another SIP method INVITE 
message 41 0 to the SI P agent 206a with the new media 
information. The SIP agents 206a, 206b can then send 
media streams 412, 414 directly to the new RTP ports 
of the other side. It is noted that while described in the 
context of call transfer, similar procedures may be ap- 
plied to other H.323 features : such as forwarding, call 
hold, message waiting, and the like. Thus, the figures 
are exemplary only. 

[0030] The invention described in the above detailed 
description is not intended to be limited to the specific 
form set forth herein, but is intended to cover such al- 
ternatives, modifications and equivalents as can rea- 
sonably be included within the scope of the appended 
claims. 



Claims 



5. A telecommunications system according to any of 
the preceding claims, wherein a call to a SIP agent 
(206) is made to an H.323 alias corresponding to 
said SIP agent (206). 

5 

6. A telecommunications system according to any of 
the preceding claims, wherein a call by said SIP 
agent (206) to a called SIP agent includes an H.323 
call from said SIP agent's H.323 alias to a called 

10 SIP agent's H.323 alias. 

7. A telecommunications system according to any of 
the preceding claims, wherein a call by said SIP 
agent (206) to a called SIP agent includes an IN- 

15 VITE message from said SIP agent (206) to said 
called SIP agent. 

8. A telecommunications system according to claim 7, 
wherein said call by said SIP agent (206) includes 

20 an INVITE message from said gateway to said 
called SIP agent. 

9. A telecommunications gateway, comprising: 

25 an H.323 stack (215); 

a Session Initiation Protocol (SIP) engine 
(213); and 

a SIP agent alias table (301); 
wherein signaling conversion is performed for 
30 SIP agents (206) whose aliases are stored in 

said SIP agent alias table (301 ). 



1 . A telecommunications system, comprising: 

at least one H.323 client terminal (204); 

at least one Session Initiation Protocol (SIP) 

agent (206); and 

a gateway (210) including a SIP agent alias ta- 
ble for storing H.323 aliases for said at least 
one SIP agent, wherein said gateway is adapt- 
ed to perform signaling conversion between H. 
323 features and SIP features. 

2. A telecommunications system according to claim 1 , 
wherein said gateway (210) is adapted to perform 
signaling conversion between said at least one H. 
323 client endpoint (204) and said at least one SIP 
agent (206). 

3. A telecommunications system according to claim 1 
or 2, further including a gatekeeper (208) for routing 
calls to said gateway (210). 

4. A telecommunications system according to any of 
the preceding claims, wherein a call to and/or by a 
SIP agent (206) is processed via said gateway 
(210). 



10. A telecommunications gateway in accordance with 
claim 9, wherein said aliases are H.323 aliases. 

35 

11. A telecommunications gateway according to claim 
10, wherein a call to a SIP agent (206) is made to 
an H.323 alias stored in said SIP agent alias table 
(301) corresponding to said SIP agent (206). 

40 

12. A telecommunications system or gateway accord- 
ing to any of the preceding claims, wherein a call by 
a SIP agent (206) comprises a SIP INVITE mes- 
sage to said gateway (21 0). 

45 

13. A telecommunications system or gateway accord- 
ing to any of the preceding claims, wherein a call by 
said SiP agent (206) to a called SIP agent includes 
an H.323 call from said gateway (21 0) to said called 

so SiP agent. 

14. A telecommunications method, comprising: 

storing H.323 aliases for at least one SIP agent 
55 (206) in a gateway (210); and 

using said stored H.323 aliases to perform sig- 
naling conversion between at least one H.323 
client endpoint (204) and said at least one SIP 
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agent (206). 

15. A telecommunications method according to claim 
14, including making a call to a SIP agent (206) by 
calling an H.323 alias corresponding to said SIP 5 
agent (206). 

16. A telecommunications method according to claim 
1 4 or 1 5, wherein making a call by a SIP agent (206) 
comprises a SIP INVITE message to said gateway 10 
(210). 

17. A telecommunications method according to any of 
claims 14 to 16, wherein making a call by said SIP 
agent (206) includes making an H .323 call from said » 5 
SIP agents H.323 alias to a called SIP agent's H. 
323 alias. 

18. A telecommunications method according to any 
preceding method claim, wherein making said call 20 
by said SIP agent (206) includes making an H.323 
call from said gateway (210) to a called SIP agent. 

19. A telecommunications method according to any 
preceding method claim, wherein making a call by 25 
said SIP agent (206) includes sending an INVITE 
message from said gateway (210) to a called SIP 
agent. 

30 
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